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1
OPTIMISED BANDWIDTH UTILISATION IN
NETWORKS

BACKGROUND OF THE INVENTION

This invention relates to the optimisation of bandwidth
utilisation in delivery networks. In particular, it relates to a
multimedia delivery network in which the network resources
reserved for a network session may be varied in accordance
with available network resources. The invention may be
applicable to on-demand multimedia delivery, gaming, con-
tent sharing or other services requiring Quality of Service

(QoS).
DESCRIPTION OF THE PRIOR ART

In order to provide competitive service quality, to retain
existing customers and to appeal to new customers, IPTV
(Internet Protocol TV) and increasingly OTT (over the top)
service providers rely on the QoS (quality of service), pro-
vided by delivery networks, to deliver multimedia content
and services. Examples of such services include IPTV video
on demand, video from Internet video-sharing sites, and
broadcast TV, all of which may be delivered over Internet
Protocol (IP) networks. The quality of service (QoS) is
required to ensure that the multimedia content is delivered
with good timing and is not corrupted whilst the user is
watching it. In order to achieve QoS, network elements can
reserve necessary resources (e.g. network bandwidth), dedi-
cating the reserved resources to delivering the multimedia
content.

Considering, for example, IPTV solutions, these generally
guarantee QoS by integrating multimedia delivery with net-
work resource control sub-systems and deliver multimedia at
a steady encoded bit-rate.

A resource release flow using this approach is illustrated
schematically in FIG. 6. This shows three components, a
Resource and Administration Control Server (RACS) 20,
User Equipment (UE) 10 (eg customer’s set-top box) and a
Content on Demand (CoD) Server 30. A TCP connection is
made for a Real Time Streaming Protocol (RTSP) session.
The content is then streamed from the CoD MF (Media Func-
tion) 30 to the UE, at fixed rate. Upon completion of stream-
ing, an RTSP TEARDOWN message (as defined in RFC
2326) is sent, the content stream is terminated and the CoD
MEF 30 sends a request to the RACS 20 to release the allocated
network resources. A message is then sent to the UE that the
session is completed.

However, this flow requires network resources to be
reserved at a nominal service bit-rate (eg a multimedia
encoded bit-rate of the multimedia content) for the whole
duration of the service session, which means that service
sessions and network QoS sessions are effectively coupled
and have the same duration.

For example, in the case of an IPTV CoD (content on
demand) service network bandwidth (BW) is reserved at the
multimedia encoded bit-rate for the whole duration of the
service session, as illustrated in FIG. 6.

This reserved network bandwidth (BW) is often unused for
periods during the service session (for example during
pause—the user may wish to pause for his convenience at any
time). Accordingly, in known delivery networks, resource
reservations are held longer then required and the effective
network capacity is reduced. Moreover, networks may have
additional resources which are unreserved for short periods of
time, eg during periods of low network demand. These
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resources are effectively unused if the content of network
sessions is delivered only at the encoded bit-rate.

BRIEF SUMMARY OF THE INVENTION

The present invention arose in an attempt to provide an
improved delivery network.

According to the present invention in a first aspect there is
provided a multimedia delivery network, comprising network
resource allocation means for allocating bandwidth to a net-
work session between a UE (user equipment) device on the
network and a delivery server, wherein the allocation means is
adapted to reserve a nominal bandwidth for the network ses-
sion when the session is opened, which permits delivery of
data from the delivery server to the UE at a nominal service
rate, and wherein the delivery server is adapted to increase the
bandwidth of the session to a higher bandwidth once the
session has been opened, so as to permit delivery of data from
the delivery server to the UE at a burst delivery rate higher
than the nominal rate.

This enables network capacity to be increased and more
effectively used. Since content can be delivered faster than
with previously proposed schemes, it also enables resources
to be released earlier.

The maximum bandwidth at which data is delivered may
be dependent upon available network bandwidth.

Preferably, the UE is provided with local data storage
means for storing data received from the delivery server. The
UE may be IPTV, Internet TV, cable or other equipment.

Thus, even if playback of content is paused by the user,
content delivery continues and is locally cached until
required.

The delivery server is preferably adapted to dynamically
vary the bandwidth allocated to the network session above the
nominal bandwidth, depending on the available network
bandwidth, so as to provide a burst delivery rate that varies
depending upon the available network bandwidth at any time
during the network session.

The delivery server may be adapted to increase the band-
width to the maximum bandwidth available, so as to provide
a burst delivery rate which is as high as the network will
permit.

The UE may be adapted to provide feedback to the delivery
server. The UE may be adapted to detect missing data and to
request missing packets from the delivery server or network
using a retransmission approach and an RTP/RTCP (real time
protocol/real time control protocol) feedback mechanism.
The retransmission may use a Retransmission (Retr) server
which caches content so that upon request one or more pack-
ets or portions of content (eg video frames) may be retrans-
mitted if the UE finds that the ones originally transmitted are
corrupted or incomplete.

The delivery server may be adapted to increase the band-
width gradually.

The delivery server may be adapted to increase the band-
width gradually, waiting for the results of feedback received
by the delivery service, so as to limit the burst delivery rate to
a speed appropriate to the connection between the delivery
server and the UE.

The delivery server may be adapted to increase the band-
width gradually until a retransmission request is received,
and, once the retransmission request has been received, to
reduce the bandwidth gradually until retransmission requests
are no longer received. The delivery server may be adapted to
cyclically increase and decrease the bandwidth, in accor-
dance with the retransmission requests.
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According to the present invention in a further aspect, there
is provided a content delivery method over a network, com-
prising modifying the network bandwidth allocated to a net-
work session between a UE (user equipment) device on the
network and a delivery server, wherein a nominal bandwidth
for the network session is reserved when the session is
opened, which permits delivery of data from the delivery
server to the UE at a nominal service rate, and the bandwidth
of the session is increased to a higher bandwidth once the
session has been opened, so as to permit delivery of data from
the delivery server to the UE at a burst delivery rate higher
than the nominal rate.

The content will generally be multimedia content, but may
be other types of content.

The delivery server may dynamically vary the bandwidth
allocated to the network session above the nominal band-
width, depending on the available network bandwidth, so as
to provide a burst delivery rate that varies depending upon the
available network bandwidth at any time during the network
session.

The delivery server may increase the bandwidth to the
maximum bandwidth available, so as to provide a burst deliv-
ery rate which is as high as the network will permit. Alterna-
tively, the delivery server may increase the bandwidth gradu-
ally.

The UE may provide feedback to the delivery server. The
delivery server may increase the bandwidth gradually, wait-
ing for the results of the feedback received by the delivery
server, so as to limit the burst delivery rate to a speed appro-
priate to the connection between the delivery server and the
UE.

The UE may request, from the delivery server or network,
any missing packets using a retransmission approach and a
RTP/RTCP feedback mechanism.

The delivery server may increase the bandwidth gradually
until a retransmission request is received, and, once the
retransmission request has been received, reduce the band-
width gradually until retransmission requests are no longer
received.

Thus, if the speed of the burst delivery is found to be too
fast for reliable delivery, it can be throttled back or reduced to
the fastest speed which still provides reliable delivery.

The delivery server may cyclically increase and decrease
the bandwidth, in accordance with the retransmission
requests.

The invention also provides a network or method including
any one or more of the novel features, combinations of fea-
tures, steps or combination of steps disclosed herein.

DESCRIPTION OF THE DRAWINGS

Embodiments of the invention will now be described, by
way of example only, with reference to the accompanying
schematic drawings in which:

FIG. 1 shows schematically a network according to the
present invention;

FIG. 2 shows an explanatory diagram of an example
resource flow in the network of FIG. 1;

FIG. 3 shows schematically how the delivery rate may vary
against time during a network session;

FIG. 4 shows schematically an alternative example of how
the delivery rate may vary against time during a network
session;

FIG. 5 shows schematically a yet further example of how
the delivery rate may vary against time during a network
session; and
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FIG. 6 shows a resource flow in a prior art network.

DETAILED DESCRIPTION OF EMBODIMENTS
OF THE INVENTION

Referring to FIG. 1, there is shown a network arrangement
operating in accordance with the present invention. AUE 1, in
this case an IPTV UE (set-top box plus display for example)
is connected to the network to receive data from the network.
The UE 1 is provided with associated storage, such as solid
state memory, a hard disk drive or similar, so that data
received from the network may be stored locally on the UE 1.
This may be integral, or connected locally, by a hard link,
wirelessly or otherwise associated with the UE. Whilst only a
single UE 1 is shown it should be appreciated that there will
generally be a large number of UEs 1 connected to the net-
work, with network resources shared between the UEs 1.

The network is a NGN (next generation network), ie a
network designed using IP and QoS (Quality of Service)
technology to support all types of customer traffic including
but not limited to voice, data and video, which enables a
variety of IP-based customer devices and next generation and
advanced applications to communicate over a single common
network.

The network comprises a network resource allocation
means 2, in this case IPTV middleware 29 and RACS (re-
source and administration control server) 26, a delivery server
3, in this case a CoD server, and BGF (border gateway control
function) devices 4. These are shown schematically in FIG. 1.

It will be readily appreciated by the skilled person that
alternative network arrangements are possible within the
scope of the present invention.

Referring to FIG. 2, there is shown a resource flow on the
network of FIG. 1 during a multimedia on demand network
session. FIG. 3 shows how the delivery rate may vary with the
variation of resources allocated to the network session against
time in the present example.

A control connection (network session) is opened between
the UE 1 and the CoD server. This is illustrated as point A on
the graph of FIG. 3. In this case the delivery mechanism
between the UE 1 and the CoD server is TCP (transmission
control protocol). However, as discussed later with reference
to the examples, the present invention is equally applicable to
alternative delivery mechanisms, including, but not limited to
UDP (User Datagram Protocol). The control connection is
opened by the user requesting a multimedia on demand ser-
vice at the UE 1. The request is sent to the IPTV middleware,
which, in connection with the RACS, reserves network
resources (network bandwidth). The network resources are
reserved for the duration of the control connection at the
nominal service rate (e.g. multimedia encoded bitrate) for the
multimedia on demand service requested, for example at 2
Mb/s. The nominal service rate is indicated by a broken line in
FIG. 3. With the necessary network resources reserved, and
the nominal service rate thereby assured, for the duration of
the network session, QoS is assured.

Once the control connection has been opened, the CoD
server increases the network resources allocated to the net-
work session above the nominal network resources depend-
ing upon the network resources available (point B of FIG. 3).
This permits streaming of the content to the UE 1 at a burst
delivery rate, which is higher than the nominal rate.

The CoD server uses a ‘best effort” approach (‘best effort’
overlay) to make use of any available (unused) network
resources. The CoD server allocates additional resources to
the network session independently of the RACS. Thus, whilst
the RACS is responsible for reserving and allocating
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resources at the nominal rate (assuring QoS), it is the CoD
server which is responsible for allocating additional network
resources, which have not been allocated to, or reserved for,
any network session(s) by the RACS. The use of these
resources permits delivery at the burst delivery rate. The
RACS is unaware of the allocation by the CoD server of the
unallocated/unreserved bandwidth, and takes precedence
over the CoD server, which means that use of the unallocated/
unreserved bandwidth for burst delivery by the CoD server
will not have any impact on the QoS of any other network
sessions. Should the RACS allocate/reserve the bandwidth
being used by the CoD server to provide burst delivery (which
it is not aware the CoD server is using) then the additional
bandwidth will simply no longer be available to the CoD
server. The bandwidth of the network session will not, how-
ever, drop below the nominal reserved level.

In the present case, where the delivery method is TCP the
burst delivery rate is preferably increased to the maximum
speed that the network will allow. However, in alternative
arrangements, as discussed below, with reference to the
examples that follow and to FIGS. 4 and 5, the burst delivery
rate may be increased gradually.

Excess content, delivered above the nominal rate, or even
the entire content, is stored locally on the UE 1.

The CoD server delivers content to the UE 1 continuously
until all of the content is received by the UE 1. In particular,
the content is delivered even whilst the streaming content is
paused by a user at the UE 1, or similar, and it is cached at the
UE (or at a memory means associated therewith) even while
playback is being paused for example.

Since, the content is stored locally on the UE 1, so-called
trick play (fast forward, rewind, pause etc) is accommodated
by the invention.

Once all of the content has been delivered to the UE 1, the
CoD server releases all resources allocated to the network
session or instructs the IPTV middleware to release the
resources. Point C in FIG. 3 represents resource release. A
notification is sent from the CoD server to the UE 1 to notify
the user that all content has been delivered. The resources are
also released if the user manually terminates the network
session at the UE 1. The network resources can be re-allo-
cated, as appropriate, as soon as they are released.

Because the delivery does not pause, even when the end
user pauses viewing, the content is continually delivered and
cached at the higher than nominal service rate (eg content
encoded bit-rate) and the release and re-use of network band-
width occurs much quicker than with previously proposed
schemes.

In an alternative arrangement, the CoD server dynamically
varies the resources allocated to the network session above
the nominal bandwidth, depending on the available network
resources at any time, so that the burst delivery rate is main-
tained at the maximum that the network will permit at any
point in time and the content is delivered to the UE 1 as fast as
possible. Such a variation is not shown in FIG. 3, however, it
will be readily appreciated that in this alternative the burst
delivery rate between points B and C will vary dynamically in
accordance with available network resources.

There may be retransmission feedback between the UE 1
and the CoD server, during the burst transmission. This is of
particular use when the delivery mechanism is unreliable, for
example UDP, and is discussed below with reference to the
further examples. In the case of a TCP delivery mechanism
there is no need for retransmission feedback, although it may
be provided, in which case the burst delivery rate will be
reduced if TCP acknowledgement messages are not received
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within acceptable time limits. Such a feedback may be used
with the ‘best effort’ methodology described above.

The network session uses the QoS session, which lasts for
the duration of the content delivery. Since, with burst delivery,
the content may be delivered in a period that is shorter than the
duration of the content, the multimedia delivery session and
the QoS session may effectively be de-coupled. As a result
network resources may be released earlier, without affecting
the QoS.

Various examples falling within the scope of the invention
will now be described.

Instead of a TCP delivery method, as discussed above, a
UDP delivery method may be used. In this case a feedback
mechanism is provided and rather than increasing the deliv-
ery rate to the maximum permitted by the network, as
described above, the delivery rate can be increased gradually
over the nominal asset encoded bit-rate, waiting for feedback.

In the absence of feedback the delivery rate may be con-
tinually gradually increased. FI1G. 4 shows how the delivery
rate may vary with the variation of resources allocated to the
network session against time in such an arrangement, with the
delivery rate continually gradually increasing from point B to
the maximum permitted by the network. Whilst the gradual
increase is shown as a straight line in FIG. 4 it should be
appreciated that the increase may be in gradual steps (as may
be seen in FIG. 5), which can be equal or varied.

The delivery rate can also be increased gradually, with the
IPTV middleware awaiting feedback periodically or after
each increase.

Multimedia data received by the UE 1 atabandwidth above
the encoded/presentation rate, in any arrangement, can be
stored on the UE 1, as discussed above.

The network, as defined in any of the arrangements dis-
cussed herein, may be provided with a retransmission mecha-
nism wherein, upon the UE detecting missing data at any
point, the UE can request missing packets using a retransmis-
sion approach and RTP/RTCP (real time protocol/real time
control protocol) feedback mechanism, or similar, and either
the network or the CoD server will resend missing packets,
with feedback available to the CoD server.

Upon receipt of a retransmission request the transmission
rate from the CoD server may be decreased until retransmis-
sion requests stop. Once the retransmission requests have
stopped, the transmission rate may be increased again. The
increase and decrease may be cyclic, in dependence on the
retransmission requests. Thus, the rate of delivery can be
increased up to the limit at which reliable delivery occurs.

FIG. 5 shows how the delivery rate may vary against time
in an arrangement in which retransmission requests are
received. The delivery rate is directly dependent upon the
network resources allocated to the network session. The net-
work session is opened at point A and the network resources
allocated to the network session are increased above the
nominal network resources to a first increased level at point B.
At point B, since no retransmission request is received, the
network resources are further increased. A further increase
occurs at point B2, since, again, no retransmission request is
received. At point B>, following receipt of a retransmission
request, the network resources are reduced so that the burst
delivery rate is reduced to the previous level at which no
retransmission request was received. At point B*, following
no retransmission request, the network resources and burst
delivery rate are again increased. At point B, following
receipt of a retransmission request, the delivery rate and burst
delivery rate are reduced to the previous level at which no
retransmission request was received. In the depicted arrange-
ment this resource level is then maintained, which maintains
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the burst delivery rate at the maximum reliable rate permitted
by the connection until all of the content is delivered and the
resources are released at point C. In alternative arrangements
more or less attempts to increase the bandwidth following
retransmission requests may be made. Furthermore, although
the steps are depicted as being equal it should be appreciated
that this need not be the case, since the increase of bandwidth
ateach step may vary and/or the time between an increase and
a subsequent retransmission request may vary. The first
increase may be to the maximum rate permitted by the net-
work, with subsequent decreases until an appropriate maxi-
mum delivery rate, in accordance with the connection, is
determined.

Preferred embodiments of the present invention allow for
the release of a network QoS session earlier during the ser-
vice, without degrading user experience because playback
pausing or other factors do not cause pausing of delivery,
wherein the released network resources can be used for other
services. The invention may also optimise network usage,
which leads to an increase in network capacity, particularly to
the capacity of the core networks where bottlenecks often
occur; and decouples the duration of service session from the
underlined QoS network session. It is applicable to IPTV and
OTTP services; and allows QoS for OTTP services while
preserving the bursting nature of download traffic, saturating
available bandwidth.

Whilst preferred embodiments of the present invention
have been described in terms of on-demand multimedia deliv-
ery, namely on-demand IPTV, it should be noted that the
present invention is applicable to any services requiring QoS,
including but not limited to gaming and content sharing.

The invention claimed is:

1. A multimedia delivery network, comprising:

a network resource allocator that is configured for allocat-

ing bandwidth to a network session between an associ-
ated user equipment (UE) device on the network and a
delivery server,

wherein the network resource allocator is configured to

reserve a nominal bandwidth for the network session
when the session is opened, which permits delivery of
data from the delivery server to the UE at a nominal
service rate at which QoS is assured, and

wherein the delivery server is configured to increase the

bandwidth of the session, to a higher bandwidth once the
session has been opened, to permit delivery of data from
the delivery server to the UE at a burst delivery rate
higher than the nominal rate, wherein the delivery server
is configured to use a best effort overlay to dynamically
vary the bandwidth allocated to the network session
above the reserved nominal bandwidth, depending on
the available network bandwidth to provide a burst
delivery rate that varies depending upon the available
network bandwidth at any time during the network ses-
sion.

2. The network of claim 1, wherein the UE is provided with
a data storage device for storing data received from the deliv-
ery server, such that data delivery can continue while data is
being stored.

3. The network of claim 1, wherein the UE is IPTV equip-
ment.

4. The network of claim 1, wherein the delivery server is
configured to increase the bandwidth to the maximum band-
width available, so as to provide a burst delivery rate which is
as high as the network will permit.

5. The network of claim 1, wherein the delivery server is
configured to increase the bandwidth gradually.
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6. The network of claim 5, wherein the UE is configured to
provide feedback to the delivery server.

7. The network of claim 6, wherein the delivery server is
configured to increase the bandwidth gradually, and to receive
feedback indicating the state of the content received by the
UE, so as to limit the burst delivery rate to a speed appropriate
to the connection between the delivery server and the UE.

8. The network of claim 1, wherein the UE is configured to
detect missing data and to request missing packets from the
delivery server or network using a retransmission feedback
mechanism.

9. The network of claim 8, wherein the delivery server is
configured to increase the bandwidth gradually until a
retransmission request is received, and, once the retransmis-
sion request has been received, to reduce the bandwidth until
retransmission requests are no longer received.

10. The network of claim 9, wherein the delivery server is
configured to periodically increase and decrease the band-
width, in accordance with the retransmission requests.

11. A content delivery method over a network, the method
comprising: modifying network bandwidth allocated to a net-
work session between a user equipment (UE) device on a
network and a delivery server, wherein a nominal bandwidth
for the network session is reserved when the session is
opened, which permits delivery of data from the delivery
server to the UE at a nominal service rate at which QoS is
assured, and the bandwidth of the session is increased, to a
higher bandwidth once the session has been opened to permit
delivery of data from the delivery server to the UE at a burst
delivery rate higher than the nominal rate, wherein the deliv-
ery server dynamically varies the bandwidth allocated to the
network session above the reserved nominal bandwidth using
a best effort overlay and depending on the available network
bandwidth to provide a burst delivery rate that varies depend-
ing upon the available network bandwidth at any time during
the network session.

12. The method of claim 11, wherein the delivery server
increases the bandwidth to the maximum bandwidth avail-
able, so as to provide a burst delivery rate which is as high as
the network will permit.

13. The method of claim 11, wherein the delivery server
increases the bandwidth gradually, wherein feedback is
received by the delivery server from the UE indicating the
state of the content when delivered, so as to limit the burst
delivery rate to a speed appropriate to the connection between
the delivery server and the UE.

14. The method of claim 11, wherein the delivery is main-
tained even while playback or receiving of content is paused
or interrupted.

15. A delivery server, comprising:

at least one hardware-based processor configured to

increase a bandwidth of a network session between an
associated user equipment (UE) device on a network for
which a nominal bandwidth is previously reserved, to
permit delivery of data from the delivery server to the
UE at a nominal service rate at which QoS is assured, to
a higher bandwidth greater than the nominal bandwidth,
once the session has been opened, using a best effort
overlay to permit delivery of data from the delivery
server to the UE device at a burst delivery rate higher
than the reserved nominal rate; and

to dynamically vary the bandwidth allocated to the network

session above the reserved nominal bandwidth, depend-
ing on an available amount of network bandwidth to
provide a burst delivery rate that varies depending upon
the available network bandwidth at any time during the
network session.
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16. The delivery server of claim 15, wherein the at least one
processor is configured to:

receive feedback information from the associated UE

device, the feedback information indicating a state of the
data received by the associated UE device; and to

limit the burst delivery rate, based on the feedback infor-

mation, to a rate appropriate to a connection between the
delivery server and the associated UE device.

17. The delivery server of claim 15, wherein the at least one
processor is configured to: increase the bandwidth in incre-
ments until a retransmission request is received and, once the
retransmission request has been received, to reduce the band-
width in increments until retransmission requests are no
longer received.

18. The delivery server of claim 17, wherein the at least one
processor is configured to periodically increase and decrease
the bandwidth, in accordance with a respective absence or
reception of retransmission requests.

#* #* #* #* #*
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